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Analog and digital Quantities 


O An analog quantity is one having continuous values. A digital quantity is one having a 
. Most things that can be measured quantitatively occur in nature in 


analog form such as time, pressure, distance, and sound. 


O For example, the air temperature jespessue 
changes over a continuous range of Lg) 
values. During a given day, the 
temperature does not go from, say, 
70° to 71° instantaneously; it takes 
on all the infinite values in between. 
If you graphed the temperature on a 
typical summer day, you would have 


Time of day 


| 

a smooth, continuous curve similar an pe nas 

to the curve in Figure 1. FIGURE 1 Graph of an analog quantity (temperature versus time) 
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Analog and digital Quantities 


O Rather than graphing the temperature on a continuous basis, suppose you just take a 
temperature reading every hour. Now you have sampled values representing the 
temperature at discrete points in time (every hour) over a 24-hour period, as indicated in 


Figure 2. Each value represented by a dot can be 


‘Temperature 


1 You have effectively converted an digitized by representing it as a digital 


analog quantityto-<tomethatcar= +7777 code that consists of a series of 1s and Os 
juantity a fori 


now be digitized by representing . 
each sampled value by a digitalcode. _,; x + 
O It is important to realize that Figure2 
itself is not the digital representation a a | | 
of the analog quantity. : i I I i t t i I I Time of day 
12345678 90N1 2345678901 


FIGURE 2: Sampled-value representation (quantization) of the 
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The Digital Advantage 


O Digital representation has certain advantages over analog representation in electronics 
applications. 

O For one thing, digital data can be processed and transmitted more efficiently and reliably 
than analog data. Also, digital data has a great advantage when storage is necessary. 

O For example, music when converted to digital form can be stored more compactly and 
reproduced with greater accuracy and clarity than is possible when it is in analog form. 

O Noise (unwanted voltage fluctuations) does not affect digital data nearly as much as it 
does analog signals. 
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An Analog System 


OA public address system, used to amplify sound so that it can be heard by a large 
audience, is one simple example of an application of analog electronics. The basic 
diagram in Figure 3 illustrates that sound waves, which are analog in nature, are picked 
up by a microphone and converted to a small analog voltage called the audio signal. 


O This voltage varies continuously as the volume 
and frequency of the sound changes and is 
applied to the input of a linear amplifier. The 
output of the amplifier, which is an increased 
reproduction of input voltage, goes to the 
speaker(s). The speaker changes the amplified 
audio signal back to sound waves that have a 
much greater volume than the original sound 
_waves picked up by the microphone. 
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FIGURE 3 A basic audio public address system 
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An Analog System 


O The compact disk (CD) player is an example of a system in which both digital and analog 
circuits are used. The simplified block diagram in Figure 4 illustrates the basic principle. 
Music in digital form is stored on the compact disk. 


O A laser diode optical system picks up the digital data from the rotating disk and transfers 


it to the digital-to-analog converter (DAC). 


O The DAC changes the digital data into an 
analog signal that is an electrical repro- 
duction of the original music. This signal is 
amplified and sent to the speaker for you to 
enjoy. When the music was originally 
recorded on the CD, a process, essentially the 
reverse of the one described here, using an 
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FIGURE 4 Basic block diagram of a CD player. Only one 


channel is shown. 
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Digital Bits 


O Each of the two digits in the binary system, 1 and 0, is called a 
bit, which is a contraction of the words binary digit. 

O In digital circuits, two different voltage levels are used to 
represent the two bits. Generally, 1 is represented by the higher 
voltage, which we will refer to as a HIGH, and a 0 is represented 
by the lower voltage level, which we will refer to as a LOW. 

O The voltages used to represent a 1 and a 0 are called logic levels. 
Ideally, one voltage level represents a HIGH and another voltage 
level represents a LOW. 

O Ina practical digital circuit, however, a HIGH can be any voltage 
between a specified minimum value and a specified maximum 
value. Likewise, a LOW can be any voltage between a specified 


4 
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(binary 1) 
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FIGURE 5 Logic level ranges 
of voltage for a digital circuit 
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Digital Waveform 


O Digital waveforms consist of voltage levels that are changing back HIGH -- 
and forth between the HIGH and LOW levels or states. Rising or | 
O Figure 6(a) shows that a single positive-going pulse is generated er 
when the voltage (or current) goes from its normally LOW level to pcan i 
its HIGH level and then back to its LOW level. (@) Postive-going pulse 
O The negative-going pulse in Figure 6(b) is generated when the er 
voltage goes from its normally HIGH level to its LOW level and Falling of 
back to its HIGH level. A digital waveform is made up of aseries of = “iv i 
pulses. Low ~-7- 7 
OA pulse has two edges: a leading edge that occurs first at time tg) wegaive-yoing pute 


and trailing edge that occurs last at time ¢,. For a positive-going ¢iGure6 Ideal pulses, the rising and 


pulse, the leading edge is a rising edge, and the trailing edge is a falling edges are assumed to change 


falling edge in zero time (instantaneously) 
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Digital Waveform 


EEG 

O Figure 8 shows a nonideal pulse. In reality, all pulses exhibit some or all of these 
characteristics. The overshoot and ringing are sometimes produced by stray inductive 
and capacitive effects. The droop can be caused by stray capacitive and circuit 
resistance, forming an RC circuit with a low time constant. 


O The time required for a pulse to go from its LOW level 
to its HIGH level is called the rise time (t,), and the 
time required for the transition from the HIGH level to 
the LOW level is called the fall time (t). 


O In practice, it is common to measure rise time from 
10% of the pulse amplitude (height from baseline) to 
90% of the pulse amplitude and to measure the fall 
time from 90% to 10% of the pulse amplitude, as 
indicated in Figure 8. 


Ringing 


—indersoot 


Ris tine Fall ine 


FIGURE 7 Nonideal pulse characteristics 
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Digital Waveform 


O The bottom 10% and the top 10% of the pulse are not 
included in the rise and fall times because of the 
nonlinearities in the waveform in these areas. 

O The pulse width (t,, ) is a measure of the duration of 
the pulse and is often defined as the time interval 
between the 50% points on the rising and falling 
edges, as indicated in Figure 7. 

Ol The frequency (f) of a pulse (digital) waveform FIGURE 7 Nonideal pulse characteristics 


is the reciprocal of the time period (7). An i; r 
important characteristic of a periodic digital waveform {| 


alse wi 


Fulltime 


is its duty cycle, which is the ratio of the pulse width Duty cycle = (00% 


(ty) to the period (T). It can be expressed as a ~, ; 
ercentage. 
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10 1t 
FIGURE 8 Examples of digital waveforms. 


Waveform Characteristics 


O Most waveforms encountered in digital systems are 
composed of series of pulses, some- times called pulse 


trains, and can be classified as either periodic or 


nonperiodic. —h so 
OA periodic pulse waveform is one that repeats Period = 7, = T, =T, 
itself at a fixed interval, called a period (T). The Frequency = 7 


frequency (f) is the rate at which it repeats itself and _ (#) Periodic (square wave) 
is measured in hertz (Hz). 


OA non-periodic pulse waveform, of course, does not 
repeat itself at fixed intervals and may be composed _ (») Nonperiodic 
of pulses of randomly differing pulse widths and/or FIGURE 9 Examples of digital waveforms. 
randomly differing time intervals between the pulses. 


——An example of each type is shown in Figure 9. 
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A Digital Waveform Carries Binary Information 


O Binary information that is handled by digital systems appears as waveforms that 
represent sequences of bits. 

O When the waveform is HIGH, a binary 1 is present; when the waveform is LOW, a binary 
Ois present. Each bit in a sequence occupies a defined time interval called a bit time. 

O In digital systems, all waveforms are a 


synchronized with a basic timing Ly 
waveform called the clock. oars 


which each interval between pulses 


(the period) equals the time for one 


O The clock is a periodic waveform in 1 i 
| 
bit. 


pe fa bgt a Tbh a ieee dl well eb 
FIGURE 11 Example of a clock waveform synchronized with a waveform 
representation of a sequence of bits. 
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A Digital Waveform Carries Binary Information 


0 An example of a clock waveform is shown in Figure 11. Notice that, in this case, each 
change in level of waveform A occurs at the leading edge of the clock waveform. 

O In other cases, level changes occur at the trailing edge of the clock. During each bit time 
of the clock, waveform A is either HIGH or LOW. 


O The clock waveform itself does not 
carry information. 


0 These HIGHs and LOWs represent a Bit 
sequence of bits as indicated. A : fos 
group of several bits can contain “**» —| LJ 
binary information, such as a 1 1 | | i | | | i 
number or a letter. | f H ' { 


FIGURE 11 Example of a clock waveform synchronized with a waveform 
representation of a sequence of bits. 
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Basic Logic Functions 
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FIGURE 12 Basic Logic Functions 
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Converters A/D 


O The connection of digital circuit to sensing device can be done " | 
only if the sensors are inherently digital themselves. | i 


O However, when analog signals are involved in the project, the 
interface becomes much more complex. 


1 
O In this case, it needs a way to translate analog signals into ae t 
digital form using an ADC, while a digital-to-analog converter or RR ae ee ates 
DAC performs the opposite operation. as oe af = 
O Typically, an ADC (see Figs. 13 and 14) is an electronic device | emus i 
that converts an input analog voltage or current to a digital ian (ie oad 
number proportional to the magnitude of the voltage or qT Se 
current. However, some non-electronic or only partially nm ‘\ ae 
electronic devices, such as rotary encoders, can also be Figure 14: r 
—_ considered ADC: Qutline of analog to digital converter 
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Converters A/D 


O But even the most expensive ADC can compromise 
accuracy when excessive noise interferes with the input 
signal, whether that signal is in millivolts or much larger. 

O1 One technique for reducing noise and _ ensuring al T ny An pas 
measurement accuracy is to eliminate ground loops that * UA pv x = 
can occur when two or more devices are connected to 
ground terminals at different locations. val I | ly a oll | | 

O The input signal is continuous in time and is necessary to ] | im eo 
define a rate according to the extrapolation of new digital Figure 6: Sampling 
values from analog signal. Theorem 

O The rate of new value is called sampling rate or sampling 
frequency of the converter (Sample and Hold, see 
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Converters A/D 


O The sampling theorem indicates that an analog signal can 

be properly sampled, only if its maximum frequency is not 

above half of the sampling rate. If frequency components 

are above this limit, they will be aliased (Aliasing). ; Pal T h An aia 
O For example: We consider an analog signal composed of * Up pee x 

frequencies between DC to 2 kHz. It must be sampling at 

least 4 samples/s (4 kHz). ail | ly a! oll | | , 
O In this case, we choose 6 kHz, where we can note four ] | im 

important frequencies as parameters: (1) the highest ESS 

frequency in the signal, 2 kHz; (2) twice this frequency, 4 == 

kHz; (3) the sampling rate, 6 kHz; and (4) one-half the 

sampling rate, 3 kHz. 
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Converters A/D 


Successive-Approximation ADC 

The successive approximation ADC circuit typically consists of 

four sub circuits: 

1. An S-H circuit to sample the input voltage. 

2. An analog voltage comparator that compares V; with the 
output of the DAC and sends the result to the successive 
approximation register (SAR). 

3. A SAR sub-circuit designed to supply an approximate 
digital code of V;,, to the DAC. 

4. An internal reference DAC supplies the comparator with 
an analog voltage equivalent of the digital code output of 
the SAR for comparison with V;. 


by Shit 
Register 


Figure 7: Successive approximation 
ADC 
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Successive-Approximation ADC 

O Due to the excellent power efficient and digital compatibility, 
successive approximation converters (SAR ADCs) have been 
widely used in microcontrollers that contain on-chip ADCs. 
For example the PIC16C7xx microcontrollers contain an 8-bit 
successive approximation ADC with analog input 
multiplexers. 

O The SAR is initialized so that the most significant bit (MSB) is 
equal to a digital 1. Then, the code is sent into DAQ which 
supplies the analog equivalent of this code Wier /2) into 
comparator with sampled input voltage. If this analog 
voltage is bigger than Vj,,, the comparator causes the SAR to 

_reset this bit. 


by Shit 
Rogster 


Figure 7: Successive approximation 


ADC 
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Converters A/D 


Flash ADC 


O The conversion speed in flash ADC is only one clock cycle, 
hence is the fastest ADC architecture (Fig. 8) available and it is 
limited only by both comparator and gate propagation delays. 

O In general, an N bit flash ADC consists of a resistors string, a 
set of comparators, and a digital encoding network 
implemented using XOR gates. The resistors string is 
composed of 2N resistors which are connected between Ref+ 
and Ref— to produce a reference voltage for each of the 
comparators as visualized in Fig. 8. 


Wx") 
O For example: The MAX1150 is a parallel flash ADC capable of Figure 8: Flash ADC 
digitizing full-scale (0 V to -2 V) inputs into 8-bit digital words 
at an update rate of 500 Msps. 
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Converters D/A 


OA DAC is an electronic device that converts a digital (usually 
binary) signal to an analog signal (current, voltage, or electric 
charge). 

OA common use of DACs is the generation of audio signals 
from digital information in music players. 


O DACs (Fig. 9) are almost exclusively used on integrated 
circuits; there are many DAC architectures which have 
different advantages and disadvantages. 


O An example of the DAC architecture is called binary-weighted 
input; it is a variation on the inverting summer op-amp 
circuit. The based circuit visualized in Fig. 10 is an operational 


amplifier in negative feedback to control the gain with several 
input 


Figure 10: Converter D/A 
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Converters D/A 


The R-2R DAC 


O An alternative to the binary-weighted-input DAC is the ad 
R/2R DAC (Fig. 11),which uses fewer unique resistor 
values. 


0 Inan R-2R DAC design with supply voltages exceeding +5 
V, large voltage glitches (up to 1.5 V) can occur during the 
DAC’s major-carry transitions. These glitches can 
propagate through the buffer amplifier and appear at 
output. 

O For example: The MAX5109 dual 8-bit DACs feature 
nonvolatile registers, has independent high and low 
reference inputs allowing maximum output voltage range = 
flexibility. Figure 12: R-2R DAC simplified circuit 
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The Data Selection Function 


0 Two types of circuits that select data are the multiplexer and the demultiplexer. 

O The multiplexer, or mux for short, is a logic circuit that switches digital data from several 
input lines onto a single output line in a specified time sequence. 

0 Functionally, a multiplexer can be represented by an electronic switch operation that 
sequentially connects each of the input lines to the output line. 

0 The demultiplexer (demux) is a logic circuit that switches digital data from one input line 


to several output lines in a specified time sequence. Essentially, the demux is a mux in 
reverse. 
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The Data Selection Function 


O Multiplexing and demultiplexing are used when data from several sources are to 
be transmitted over one line to a distant location and redistributed to several 
destinations. Figure 13 illustrates this type of application where digital data from three 
sources are sent out along a single line to three terminals at another location. 
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‘Steet FIGURE 13 Illustration of a basic pa 
cents” multiplexing /demultiplexing application. "= 
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Time-Division Multiplexing 


0 Time-division multiplexing (TDM) is a technique in which data from several sources are 
interleaved on a time basis and sent on a single communication channel or data link. 

© Let’s say that there are three sources of digital data to be transmitted. Certain time slots 
are allotted for each channel so that an element of data (bits or bytes) from source 1 is 
sent during time slot 1, an element of data from source 2 is sent during time slot 2, and 
an element of data from source 3 is sent during time slot 3. 

O This is repeated for time slots that follow until all the data have been sent. Figure 14 
illustrates the TDM concept. 


Source I data Source 2datu —Souree3 data Sourve I data Souree 2 data ~~ —~ 


+ Time 


Time slot! | Timesiot2 | Timeslot3 | Timeslot4 | TimeslonS — ----~ 


FIGURE 14 Basic concept of TIM 
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Time-Division Multiplexing 


0 A simplified illustration of TDM is shown in Figure 15. Multiple data sources are switched 
(multiplexed) in a time sequence (t,through t4) onto a single line (communications 
channel), and the single stream of data is switched back onto multiple lines in a 
synchronized time sequence. 


O That is, data from source 1 go to the data 1 output during time slot t , data from source 
2 go to the data 2 output during time slot t2 and so on 


3——o, Channel 3 

ly 
4——9 —— 4 
MUX 


IX DE! 
FIGURE 15 Simple illustration of TOM. 
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Bit-Interleaved TDM 


0 In this method, a single data bit from a 
source is transmitted on the channel, 
followed by a data bit from another 
source, and so on. 

O A time slot is reserved on the channel for 
each input source. 

O These time slots are synchronized with the 
sender and receiver so that the receiver 
knows to which output the data bit in 
each time slot should go. 


O Bit-interleaving is demonstrated in Figure 
16. 
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FIGURE 16 Illustration of TDM bit interleaving 
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Bit-Interleaved TDM 


0 In this case, the TDM channel data are 
transmitted at a rate four times greater 
than the data rate of the individual 
sources. 


1 Samples are sequentially taken of each 
data source (four in this case) during a bit 
time slot to deter- mine if the bit isa 1 ora 
0. 


Ol The resulting values are sequentially 
placed onto the channel in 1, 2, 3, 4 order, 
as shown. This process is repeated for 
each of the bit times that follow. 
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FIGURE 16 Illustration of TDM bit interleaving 
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Byte-Interleaved TDM 


0 In this method, bytes for each input source are sequentially placed onto the data 
channel. 


OAs in bit-interleaving, synchronization between the mux and demux at each end of 
the communications channel is required. 


O The basic concept is shown in Figure 17. 


re] 2 Bs = 


‘Communications channel 


Data B] Byte 1 | Byte2 | Byte3 | Byte4 >| 


FIGURE 17 Illustration of TDM bit interleaving 
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Byte-Interleaved TDM 


O The byte-interleaved data are from two sources (in this case) and are sent at twice the 
rate as either source, as illustrated in Figure 18. As you can see in the figure, it is 
necessary to delay the data before multiplexing until an entire byte is complete, using a 


process called buffering. 

0 Notice that a byte of Data A and 
a byte of Data B occur during 
the Byte n interval. 

O These two bytes are interleaved 
during the Byte n + 1 interval, 


Dua 


Daa] 


so the multiplexed data are one “ss! 


byte delayed from the input 
data (A and B). This continues 
_for each successive data byte. 


ee 


FIGURE 18 Byte-interleaved TDM with two data sources. 


NED UNIVERSITY 
OF ENGINEERING AND TECHNOLOGY 


Lecture#05/MC-546/Dr. Tariq 


29 


Synchronous TDM 


O When the time slots allotted to each source are fixed, each time slot is 
transmitted whether or not the source has data to send. 

O This results in an inefficient use of the communications channel because sometimes 
some of the time slots are empty, as illustrated in Figure 19. Here, data source C is not 
transmitting data, so its assigned time slots are blank. 


Data A| Byte || Byte2 | Byte3 | Byte4 -—*| MUX 
AB | AB | AB 


‘Communications channel 


Data _ 


FIGURE 19 Example of a 3-source synchronous TDM with one data source inactive. 
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Statistical TDM 


OO The statistical TDM approach improves channel efficiency by making use of all the time 
slots. Only data from active sources are transmitted, so there are no blank time slots for 
inactive sources. 


O The time slot assignment is variable rather than fixed, as in synchronous TDM. This 


method is shown in Figure 20 for the case where data source C is not transmitting. If 
data source C becomes active, the time slots are reassigned to accommodate the data. 


Data A[ Byte 1 | Byte? | Bytes | Byted Lux 


Data] Byte! | Bye2 | Bytes | Byted 1 


a fee 


Daa C| = 


FIGURE 20 Example of a 3-source statistical TDM with one source inactive. 


NED UNIVERSITY Lecture#05/MC-546/Dr.Taria 
OF ENGINEERING AND TECHNOLOGY 


Time-Division Multiplexing 


0 TDM is used by the telephone company for 
nearly all voice traffic with what is known 
as the T1 system. 


0 AT1 line can carry 24 digitized telephone 
conversations and is capable of 
transmitting data at a rate of 1.544 Mbps. 
A voice signal is sampled 8,000 times per 
second, and each sample is converted to a 
byte of digital data. A voice signal requires 
a transmission rate of 8000 samples/ 
S)(8 bits/sample) = 64 kbps 

O The number of digitized voice signals that 

i 
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FIGURE 21 Example of a 3-source statistical TDM with 
one source inactive. 


1.544 Mbps 
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AT1 transmission over the channel consists of sequential 
193-bit frames, as shown in Figure 20. Each frame is made 


up of twenty-four 8-bit slots plus one signaling bit. 
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Frequency-Division Multiplexing 


0 Frequency-division multiplexing (FDM) is a 
broadband technique in which the total 
band- width available to a system is divided 
into frequency sub-bands and information is 
sent in analog form. 

Each sub-band is assigned to a given source. 
The sources can transmit at the same time 
but at different frequencies. 

O At the receiving end, the signals are 
demuxed using band-pass (BP) filtering. 
Figure 22 illustrates the concept of FDM. 


a ale 


FIGURE 22 Basic FDM system. x | _/ 
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Filtering 


O The most common filter are the Butterworth, Chebyshev, 
and Bessel (| ) types. any other types are 
available, but 90 % of all applications can be solved with one 
of these three. 

O Butterworth ensures a flat response in the passband and an 
adequate rate of roll-off; it is simple to understand and 
suitable for applications such as audio processing. 

O The Chebyshev gives a much steeper roll off, but pass-band 
ripple makes it unsuitable for audio systems. It is superior for 
applications in which the pass-band includes only one 
frequency of interest (e.g., the derivation of a sine wave 
from a square wave, by filtering out the harmonics). 
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Figure 23 : Amplitude responses of third order 
filters (n = 3). Chebyshev filter in boundary 


line, Butterworth filter in dashed line 
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Filtering 


2 EES 
O The Bessel filter gives a constant propagation delay 
across the input frequency spectrum. 


O Therefore, applying a square wave (consisting of a 
fundamental and many harmonics) to the input of a 
Bessel filter yields an output square wave with no 
overshoot (all the frequencies are delayed by the same 
amount). 


O Other filters delay the harmonics by different amounts, 
resulting in an overshoot on the output waveform. 


Frequency 


Figure 24: Amplitude responses of Butterworth filter 
of order 3 (solid line) and optimum filter of order 3 
(dashed line) 
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